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Abstract 
This thesis presents an analysis of real-time controllable modal synthesis for use in music. There are only 
a few real-time modal synthesizers in existence. This is largely due to the computational demand that 
modal synthesis required in the past. At present, real-time modal synthesis is computationally feasible. 
This is beneficial to us because it is a powerful form of physical modelling synthesis. In this paper, we 
attempt to demonstrate and analyze a modern usage of modal synthesis. First, a history of modal 
synthesis is provided to educate the reader on the topic. Next, we create a simple form of controllable 
modal synthesis: SubMode. With SubMode, we apply subtractive synthesis theory to modal synthesis to 
demonstrate a simple modal synthesis system. Last, we analyze a more complex system of modal 
synthesis: the EaganMatrix. With the EaganMatrix, we show a variety of sounds that may be synthesized 
and the high level of control that is possible with modal synthesis. We hope to leave the reader with an 
elementary understanding of modal synthesis and inspire them to create their own forms of controllable 
modal synthesis for use in music. 
 
Subject Keywords: Modal Synthesis, Subtractive Synthesis, Physical Modelling Synthesis, Electronic 
Music, Computer Music 
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1. Introduction 
There are many controllable1 synthesizers that are currently available for musicians and sound 
designers. Many of the synthesizers that offer controllable parameters tend to be in the lineage of either 
subtractive or FM synthesis. Neither form of synthesis excels at accurately recreating the timbres of 
physical musical instruments such as a drum, piano, or marimba. Current uses of subtractive synthesis 
are for generating “analog” sounds which have become a sound in their own right. FM synthesis is 
sometimes better than subtractive synthesis for modelling physical musical instruments, but with FM 
synthesis, it is still quite difficult to recreate the characteristics of these musical instruments.  
Modal synthesis is a form of audio synthesis which differs from earlier forms of audio synthesis such as 
FM or subtractive. While these forms of synthesis are theoretically grounded in performing 
computations on partials, modal synthesis is not. Modal synthesis attempts to model the behavior of 
resonances of an oscillating system which makes it an ideal candidate for modelling physical 
instruments. The commonality shared between all acoustic musical instruments is that they resonate. 
The ideal harmonic musical instrument can be represented as a physical oscillating system with 
harmonic (or approximately harmonic) resonances. We will begin to use the terms mode and physical 
resonance of a system interchangeably.  
As discovered by van den Doel and Pai, the modes of a material can be modeled as an interaction force 
acting on a bank of resonant bandpass filters [1]. Each resonant bandpass filter in the system is 
modelling a mode, so each bandpass filter can be referred to as a mode while discussing modal 
synthesis. The modes are centered at frequencies where one would find resonances in an oscillating 
system. Modal synthesis becomes musically useful when the modes are harmonic. For the modes to be 
harmonic they must all be integer multiples of a common fundamental frequency. For example, if our 
fundamental is 440 Hz (A4 used in standard tuning), then we can expect to find modes only at 
frequencies 𝑓𝑓𝑘𝑘 = 440𝑘𝑘 where 𝑘𝑘 ∈  ℤ, and 𝑘𝑘 ≥ 1. 
Much of the previous work done on modal synthesis is concerned with modelling specific acoustic 
instruments [2] or modelling the sound of objects in a virtual environment [3]. This thesis focuses on 
how we can apply modal synthesis to create electronic instruments that sound strikingly acoustic in 
character, but are not attempts to model any pre-existing acoustic instruments. We would like for these 
electronic instruments to have real-time controllable parameters similar to those of well-known 
subtractive synthesizers. To do this, we must develop a set of musically useful parameters to control a 
modal system. In this paper, we discuss two control-based modal systems: SubMode which is a simple 
theoretical modal synthesizer created for this research, and the EaganMatrix which is the commercially 
available modal synthesis engine used in the Haken Continuum Fingerboard.  
1.1 From Subtractive to Modal 
We can view modal synthesis as a specific case of subtractive synthesis. 
                                                          
1 When we say “controllable”, we mean that the user has control over the timbre of the sound with a provided set 
of parameters. 
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Generally, in subtractive synthesis, we generate a harmonically rich waveform (such as a sawtooth 
wave) using some oscillator (such as a VCO). The fundamental frequency and partials are determined by 
the sawtooth wave. The sawtooth wave is used as an input to one or more filters which alter the 
waveform. The cutoff/center frequency of the filter is usually unrelated to the fundamental or partials of 
the sawtooth wave. The filters can be of any kind i.e. low-pass, high-pass, bandpass, notch, etc. 
Like subtractive synthesis, modal synthesis utilizes filters to alter an input, but there are three distinct 
differences between the two types of synthesis:  
1. The filters used in modal synthesis are always resonant bandpass filters. 
2. The input signal in modal synthesis is usually not a harmonically rich waveform. Instead, it is 
usually2 some short-time wideband signal i.e. a pulse of uniformly distributed white noise. 
3. In subtractive synthesis, the fundamental frequency and partials are determined by the 
harmonically rich waveform. In modal synthesis the center frequencies of all the filters are 
harmonically related, and the modes (filters) determine the fundamental and partials. 
We now have a simple representation of modal synthesis: a pulse of white noise is filtered by a bank of 
harmonically related bandpass filters. This process is described by the diagram in Figure 1. 
 
 
Figure 1 – A diagram of a modal synthesizer with White Noise as Interaction Force. 
 
With this information, we can imagine that we may create pseudo-harmonically rich waveforms where a 
pulse of white noise acts on a bank of resonant bandpass filters. This can be done by assigning 
magnitudes to each partial represented by a mode that closely matches the magnitudes of partials in 
waveforms such as a sawtooth wave and square wave. So, to begin creating a control-based modal 
synthesizer, we will attempt to create filter banks that replicate the frequency spectrum of sawtooth 
and square waves. These filter banks will be used as a foundation on which we will build controllable 
parameters. 
                                                          
2 We say “usually” because theoretically any input can be used to drive a modal system. 
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1.1.1 Modal-Sawtooth Filter Bank 
Sawtooth Wave 
Here, we will build a bandpass filter bank based on the standard sawtooth wave. We will refer to this 
filter bank as modal-sawtooth.  
In subtractive synthesis, a sawtooth wave has sinusoids at every integer multiple of a fundamental 
frequency. These integer multiples of the fundamental frequency are called partials. The frequency of 
the 𝑘𝑘𝑡𝑡ℎ partial of a sawtooth wave is determined by 𝑓𝑓𝑘𝑘 = 𝑓𝑓0𝑘𝑘 where the fundamental is denoted by 𝑓𝑓0, 
𝑘𝑘 ∈  ℤ, and 𝑘𝑘 ≥ 1. The magnitude of the 𝑘𝑘𝑡𝑡ℎ partial is �1
𝑘𝑘
�. The sample rate is denoted by 𝐹𝐹𝑠𝑠. 
Figure 2 show time domain and frequency spectrum of a bandlimited3 sawtooth wave where 𝑓𝑓0 =440 Hz and 𝐹𝐹𝑠𝑠 = 44.1 kHz. 
 
Figure 2 – A 440 Hz (A4) Sawtooth Wave. 
  
                                                          
3 A bandlimited waveform is a waveform that contains all partials up the Nyquist frequency. A bandlimited 
waveform is used because a sawtooth typically has frequencies approaching infinity. 
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Modal-Sawtooth Filter Bank 
Utilizing modal synthesis theory, we can now create a modal-sawtooth filter bank. This filter bank has no 
time domain information without an interaction force. Figure 3 show the frequency response of a filter 
bank which is modeled after the frequency spectrum of a sawtooth wave. We assign the center 
frequency of the 𝑘𝑘𝑡𝑡ℎ bandpass as 𝑓𝑓𝑘𝑘 = 𝑓𝑓0𝑘𝑘 where the fundamental is 𝑓𝑓0, 𝑘𝑘 ∈  ℤ, and 𝑘𝑘 ≥ 1. The 
magnitudes of the center frequencies do not correspond to the sawtooth wave identically. This filter 
bank is merely inspired by the harmonic frequency spectrum of the sawtooth. The frequency response 
of the modal-sawtooth filter bank can be viewed in Figure 3. The similarity of the sawtooth wave to the 
modal-sawtooth filter bank is found in the envelope of the frequency spectrum and identity of the 
partial frequencies. 
 
Figure 3 – A 440 Hz (A4) modal-sawtooth Filter Bank. 
 
  
5 
 
1.1.2 Modal-Square Filter Bank 
Square Wave 
Following the above example, we can apply the same method to a square wave to create a modal-
square filter bank.  The time domain and frequency spectrum of a bandlimited square wave with a 
frequency of 440 Hz at a sample rate of 44.1 kHz can be viewed in Figure 4. The square wave has 
partials at 𝑓𝑓𝑘𝑘 = 𝑓𝑓0𝑘𝑘 where the fundamental is 𝑓𝑓0, 𝑘𝑘 ∈  ℤ, 𝑘𝑘 ≥ 1, and 𝑘𝑘 is odd. The magnitude of each 
partial is �1
𝑘𝑘
�.  
 
Figure 4 – A 440 Hz (A4) Square Wave. 
Modal-Square Filter Bank 
With modal synthesis, we can create a modal-square filter bank. As in the example of the sawtooth 
wave, there is no time domain information for the modal-square filter bank without an interaction 
force. It is simply modeled after the frequency spectrum of a square wave. We assign the center 
frequency of the 𝑘𝑘𝑡𝑡ℎ bandpass as 𝑓𝑓𝑘𝑘 = 𝑓𝑓0𝑘𝑘 where the fundamental is 𝑓𝑓0, 𝑘𝑘 ∈  ℤ, 𝑘𝑘 ≥ 1, and 𝑘𝑘 is odd. 
The magnitudes of the center frequencies do not correspond to the square wave identically. The 
frequency response of the modal-square filter bank is in Figure 5. 
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Figure 5 – A 440 Hz (A4) modal-square Filter Bank. 
 
1.2 Motivation for Control-Based Modal Synthesis 
Given the above two examples, we can create a harmonic filter bank similar to the frequency spectrum 
of harmonically rich waveforms used in subtractive synthesis. The filter banks were created by summing  
�
𝐹𝐹𝑠𝑠/2
𝑓𝑓0
�  bandpass filters where 𝐹𝐹𝐹𝐹 is the sample rate and 𝑓𝑓0 is the fundamental frequency. Each filter is a 
second order IIR bandpass filter with 𝑄𝑄 = 300. The coefficients were computed using the formulas by 
Robert Bristow-Johnson [4]. In many computing environments, the number of bandpass filters necessary 
need to complete the spectrum at a sample rate of 44.1 kHz may be too computationally demanding. 
For cases such as these, we can use fewer bandpass filters and achieve similar results. 
With these harmonically rich filter banks, we do not subtract in the same manner as in subtractive 
synthesis (feeding a waveform into filters that “subtract”). We develop a simple set of parameters that 
alter the peak gain of the all the modes simultaneously. The harmonic filter banks for the modal-
sawtooth and modal-square were created by configuring these parameters. In Chapter 3, we will 
continue explicate this modal synthesis system.  
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1.3 Outline of Paper 
Chapter 1 has served as an introduction to the motivation for creating a control-based modal synthesis. 
Chapter 2 will review relevant literature on which the ideas of this paper depend. Chapter 3 will describe 
a theoretical control-based modal synthesizer called SubMode. Chapter 4 begins to analyze the modal 
synthesis engine in the EaganMatrix with the Resonant Drum patch. In Chapter 5, we will analyze the 
Model String Wind patch in the EaganMatrix to show the breadth of application of modal synthesis. 
Chapter 6 summarizes the findings of our research and proposes future work.  
8 
 
2. Literature Review 
Modal Synthesis has been discussed in the past either directly or indirectly. In this paper, any form of 
synthesis which is composed of an interaction force acting on a bank of resonant bandpass filters will be 
considered a form of modal synthesis. 
2.1 Modal Synthesis for Vibrating Objects 
2.1.1 Modal Model as a Bank of Resonant Bandpass Filters 
Much of the inspiration in this paper is pulled from previous work done by van den Doel and Pai [1]. The 
authors describe a modal model 𝑀𝑀 with 𝑁𝑁 modes at 𝐾𝐾 different contact points on an object as  
𝑀𝑀 = {𝑓𝑓,𝑑𝑑,𝐴𝐴} 
where 𝑓𝑓 is a vector of length 𝑁𝑁 whose components are the modal frequencies in 𝐻𝐻𝐻𝐻, 𝑑𝑑 is a vector of 
length 𝑁𝑁 whose components are angular decay rates in 𝐻𝐻𝐻𝐻, and 𝐴𝐴 is an 𝑁𝑁 × 𝐾𝐾 matrix whose elements 
𝑎𝑎𝑛𝑛𝑘𝑘 are gain coefficients for each mode. From this modal model, they derive a modal synthesis 
algorithm which demonstrates that the modal model 𝑀𝑀 is equivalent to a bank of resonant bandpass 
filters operating on an interaction force.  
2.1.2 Interaction Forces 
Van den Doel and Pai provide four different interaction force models. In this paper, we are concerned 
with only two of the four:  impact forces and continuous contact forces [1]. Impact forces are useful for 
collision sounds. This is helpful for creating percussive sounds with a strong transient, i.e. xylophone, 
triangle, or drum. Continuous contact forces are useful for rolling, breathing, or scratching sounds. 
The impact force model provided is one period of a raised cosine function, 
𝐹𝐹(𝑡𝑡) =  𝐹𝐹𝑚𝑚𝑎𝑎𝑥𝑥(1− cos(2𝜋𝜋𝑡𝑡 𝑇𝑇⁄ )), 0 ≤ 𝑡𝑡 ≤  𝑇𝑇 
where 𝑇𝑇 is the total duration of contact and 𝐹𝐹𝑚𝑚𝑎𝑎𝑥𝑥 is the maximum amplitude of the force. The authors 
note that this model is insufficient for more complex collision sounds such as those that can be found in 
a piano. In our case, we will not be attempting to model a specific instrument with a complex collision, 
so this will suffice as a collision force. 
The continuous contact force solution van den Doel and Pai used is looping a digital sample with pitch 
shifting and volume control to adjust the speed and force of the contact. The sample is meant to 
represent the shape of the object scraping. They mention that another solution for a continuous contact 
force is to synthesize it from a stochastic noise model. In this paper, we will be using this technique. We 
will generate uniformly distributed noise (white noise) as a continuous contact force. 
2.2 A Modal Based Real-Time Piano Synthesizer 
In the work done by Bank, Zambon, and Fontana, a piano is thoroughly modeled using modal synthesis 
[2]. This work is relevant to this paper because it is a wonderful example of how modal synthesis can be 
applied to create a very realistic model of an acoustic instrument. Modal synthesis is the topic of 
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discussion here because of its potential to create timbres similar to those of physical musical 
instruments. 
The pursuit of [2] is to model every nuance of an acoustic piano. The authors model the longitudinal and 
transverse vibrations of the strings, the hammer-string interaction, and the soundboard radiation of a 
piano. An interesting aspect of this paper is that the authors derive their model from basic principles of 
physics such as the wave equation and properties of materials. The specifics of the modelling are far too 
complex and irrelevant to the pursuit of this paper. What we gain from [2] is knowing that modal 
synthesis can be applied to completely model an acoustic instrument. This indicates to us that modal 
synthesis opens the possibility of creating acoustic-sounding instruments from the bottom up.  
2.3 IRCAM Modalys 
Modalys is a modal synthesizer developed by IRCAM. According to Dudas [5], Modalys was originally 
created by Jean-Marie Adrien for his doctoral thesis in physics. Since then, many people have worked on 
Modalys to develop it to its current state. Modalys is available as a text-based interface as ModaLisp. It 
is also available in Max/MSP as modalys~ and Open Music (OM) for use as a graphical programming 
interface. 
Modalys is comprised of objects, connections, and accesses. 
2.3.1 Objects 
The Modalys documentation defines an object as a “simulated vibrating body which serves as the basic 
sound producing element in Modalys” [6]. To translate the idea of a Modalys object into our model of 
modal synthesis,4 a Modalys object is the bank of bandpass filters. Modalys objects are described by 
their mode frequencies, loss coefficients, and modeshape data. The mode frequencies are the center 
frequencies of bandpass filters. The loss coefficients determine the rate of energy loss of the modes. The 
modeshape data is comprised of parameters that are used to determine the material properties [6]. 
Objects are defined by parameters. These parameters are broken into three categories: modal 
properties, material properties, and physical measurements [6].  
The modal properties are the number of modes used and the frequency loss [7].  
The material properties are density, Young modulus, Poisson coefficient, rho, air-density, air-elasticity, 
and celerity [7].  
The physical measurements are length, width, thickness, radius, tension, and stiffness [7]. 
These specific categories are useful because the user is able to divide the object into specific features. 
For instance, the user may set the material properties of the object so that it sounds like a piece of 
wood. They may set the size and stiffness of the object to simulate a large and stiff piece of wood. If the 
user would like to change this object to a large and stiff piece of glass, they would just change the 
material properties to reflect a piece of glass. 
                                                          
4 An interaction force which acts on a bank of bandpass filters. 
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The documentation for Modalys contains data for the material properties parameters so that the user 
may, for instance, create an aluminum string or a birch wooden bar. The documentation is split into two 
pages which contain approximate material property numbers for (1) strings, plates, and membranes, 
and (2) wooden bars [8] [9]. This allows the user to craft an approximate physical object based off of 
recorded data for each material. 
2.3.2 Connections 
According to the Modalys documentation: “Connections define interactions between Modalys objects” 
[10]. Connections determine how the object is excited. We will explain connections by use of an 
example. Let us imagine that we have spent multiple weeks crafting the perfect Stradivarius violin 
object. We have done thorough research into the material properties used, the shape, the decay of 
frequencies, etc. Now, we just have a Stradivarius violin sitting there—doing nothing. What good is this 
violin if we have no bow to play the violin? Well, the bow is our connection. The connection is essentially 
the interaction that excites the violin so that it may sing.  
Using our modal model, the connection is part of the interaction force.5 A connection specifies the 
interaction an object experiences whether it is a guitar pick, bow, hammer, or simply a human finger 
plucking.  
There are very many forms of connections available in Modalys. The general description of a connection 
is the connection type, the parameters available for the connection type, and accesses through the 
connection [11].  
2.3.3 Accesses 
According to the Modalys documentation: “Accesses in Modalys are the “ports” through which objects 
communicate with each other and with the outside world” [12]. Accesses are the descriptions of how 
two objects are connected to one another. We will explain accesses through the use of an example. Let 
us imagine that we are playing an acoustic guitar with a guitar pick. We are free to use this pick at any 
location on the guitar string. If we play closer to the middle of the string, we may expect a concentration 
of lower frequencies. Alternatively, if we play closer to the bridge of the guitar, we may expect a 
concentration of mid-range and higher frequencies. While the connection (guitar pick) is the same, the 
way we are accessing the object is different which ultimately results in a different timbre. This is why 
accesses exist within Modalys. With accesses, we can specify how we are using our connection to the 
object. 
The parameters used by accesses are the object reference, controller, and direction [13].  
The object reference is the name of the object which will use this access [13]. 
                                                          
5 Accesses are the other part of the interaction force which will be discussed in section 2.3.3. 
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The controller is a value between 0 and 1 which specifies the location of the access on the object. For 
example, if the object is a string, the values 0 and 1 represent the endpoints of the string [13].  
The direction specifies the direction of movement such as transversal along the X axis [13]. 
2.3.4 Modalys Conclusion 
Modalys is a very powerful modal synthesizer and is very well documented. Modalys is very useful for 
replicating objects such as strings, pipes, membranes, and plates. Because Modalys is based primarily off 
of the geometry and material of objects, it is a great tool for a user who wishes to imagine an object and 
implement this object by specifying the shape and material of this object.  
Modalys is different from the EaganMatrix’s modal synthesis engine which will be described in Chapter 
5. The difference is that Modalys attempts to use specific material properties and specific object types 
to create timbres. With the EaganMatrix, we will see that there is a higher degree of freedom and 
control because there are no material or physical constraints. The EaganMatrix provides the basic 
building blocks for creating modal synthesis algorithms and it does this without taking into account any 
material or physical data.  
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3. SubMode 
In the examples of a modal-sawtooth filter bank and modal-square filter bank in Chapter 1, we 
discovered that we are able to have a certain level of control over the peak gains of our modes. We will 
now describe this control in greater detail. We refer to this modal synthesis system as SubMode because 
the system is inspired by the control used in subtractive synthesis. 
3.1 Bandpass Filter Coefficients and Peak Gain 
The form of the resonant bandpass filter we are using is a biquad. A biquad is a direct form I or direct 
form II implementation of a second order IIR filter [14]. With a fixed-point DSP, direct form I is usually 
preferable, and for floating point, direct form II is preferable [14]. In the following examples, we refer to 
Figure 6 which implements a direct form I biquad. The reasoning we use for direct form I biquads can be 
applied to a direct form II implementation as well.  
For modal synthesis, we use a bandpass filter. Robert Bristow-Johnson has conveniently described 
equations to compute the coefficients of a biquad for a bandpass filter [4].  
 
Figure 6 – A Direct Form I Biquad. 
 
The coefficients for a resonant bandpass filter are adapted from the RBJ filter coefficients, but we 
altered them to allow for greater control over the peak gain. The coefficients are  
𝑏𝑏0 = 𝐺𝐺𝐺𝐺, 𝑏𝑏1 = 0, 𝑏𝑏2 = −𝐺𝐺𝐺𝐺, 𝑎𝑎0 = 1 + 𝐺𝐺, 𝑎𝑎1 = −2 cos𝜔𝜔𝑐𝑐 , 𝑎𝑎2 = 1 − 𝐺𝐺 
where 𝐺𝐺 is the peak gain of the filter and 𝐺𝐺 = (sin𝜔𝜔𝑐𝑐)/(3𝑄𝑄).  To utilize these coefficients in biquad 
form, we simply multiply the transfer function6 numerator and denominator by 1
𝑏𝑏0
. After multiplying 
both numerator and denominator by 1
𝑏𝑏0
, we obtain 
                                                          
6 The transfer function of a second order IIR filter is 𝐻𝐻 =  𝑏𝑏0+𝑏𝑏1𝑧𝑧−1+𝑏𝑏2𝑧𝑧−2
𝑎𝑎0+𝑎𝑎1𝑧𝑧−1+𝑎𝑎2𝑧𝑧−2
.  
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𝐻𝐻 =  1 + (𝑏𝑏1 𝑏𝑏0⁄ )𝐻𝐻−1 + (𝑏𝑏2 𝑏𝑏0)⁄ 𝐻𝐻−2(𝑎𝑎0/𝑏𝑏0) + (𝑎𝑎1/𝑏𝑏0)𝐻𝐻−1 + (𝑎𝑎2/𝑏𝑏0)𝐻𝐻−2 
which can be used in our direct form I biquad. Our biquad is simplified as a bandpass filter because the 
𝑎𝑎1 coefficient is always equal to zero. This allows us to compute bandpass filters with one fewer multiply 
and one fewer add than other filter types. Thus, a bandpass can be computed more quickly than other 
types of filters. 
3.2 Generating the Bandpass Filter Bank 
3.2.1 Resonant Filter Function 
In python, we have implemented a function called resonant_filter. This function computes the 
coefficients for a bandpass filter. The function takes arguments (𝜔𝜔𝑐𝑐 ,𝑄𝑄,𝐺𝐺) where 𝜔𝜔𝑐𝑐 is the center 
frequency, 𝑄𝑄 is the quality factor, and 𝐺𝐺 is the peak gain. The 𝑎𝑎0,𝑎𝑎1,𝑎𝑎2 and 𝑏𝑏0,𝑏𝑏1,𝑏𝑏2  coefficients are 
returned. 
3.2.2 Summing the Bandpass Filters 
The resonant_filter function is called within a loop with iteration variable 𝑘𝑘 = �0 → (𝑁𝑁 − 1)�. This loop 
sums the bandpass filters’ frequency responses and calculates the arguments. Here, 𝑁𝑁 =  �𝐹𝐹𝑠𝑠/2
𝑓𝑓0
� which 
represents the maximum number of partials with a fundamental frequency 𝑓𝑓0 and a sample rate 𝐹𝐹𝑠𝑠. The 
fundamental frequency in our demonstration is 𝑓𝑓0 = 440 Hz and the sample rate is 𝐹𝐹𝑠𝑠 = 44.1 kHz. We 
use the angular frequency to compute our filter coefficients where 𝜔𝜔0 = 2𝜋𝜋𝑓𝑓0. The 𝑘𝑘𝑡𝑡ℎ partial is 
computed on each iteration and is described by 𝑤𝑤𝑘𝑘 = 𝜔𝜔0(𝑘𝑘 + 1). The 𝑄𝑄 is fixed at 1000. The peak gain 
of each partial’s bandpass filter is computed by a function, 𝐺𝐺(𝑘𝑘). This function is what provides control 
over the peak gain of all the bandpass filters. With 𝐺𝐺(𝑘𝑘) =  1, there is no altering of the peak gains of 
each bandpass filter. The frequency spectrum of this can be seen in Figure 7. 
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Figure 7 – A 440 Hz (A4) Bandpass Filter Bank with 𝑮𝑮(𝒌𝒌) =  𝟏𝟏. 
 
3.3 Controlling the Bandpass Filter Bank 
3.3.1 Modal-LPF 
Following our inspiration from subtractive synthesis. We would like to have a parameter which allows us 
to decrease the brightness of the timbre similarly to how subtractive synthesizers use a low-pass filter to 
reduce brightness. The low-pass filter in a subtractive synthesizer simply attenuates the magnitude of 
the partials that have a frequency value greater than the cutoff frequency of the low-pass filter. We can 
do a similar thing with our bank of bandpass filters.  
We would like an inverse relationship between the magnitudes of the filters and the partial number so 
that as the partial number increases, the magnitude of the filter decreases. To describe decreasing 
magnitudes of bandpass filter gains as the partial number increases, we must have the relationship 𝐺𝐺𝑘𝑘 ∝ 1
𝜔𝜔𝑘𝑘
. This will provide us the audible effect of reducing brightness. 
The equation we use to reduce brightness is 
𝐺𝐺(𝑘𝑘) = 1(𝑘𝑘)𝐼𝐼 
where 0 ≤ 𝐼𝐼 , and 1 ≤ 𝑘𝑘 ≤ 𝑁𝑁. In this equation, 𝑘𝑘 is the partial number. Here, 𝐼𝐼 describes the intensity 
of the filter. Increasing the 𝐼𝐼 value in this equation decreases the magnitude of the higher frequency 
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bandpass filter gains from a just-noticeable-difference, to eliminating all higher partials besides the 
fundamental from the signal. The behavior of this equation resembles how a LPF7 acts on a harmonically 
rich waveform in a subtractive synthesizer, so we call this equation for calculating descending partial 
gains the Modal-LPF.  
In Figure 8, we see how increasing the value of 𝐼𝐼 in the Modal-LPF decreases the magnitudes of the 
higher partials. What we have demonstrated here is that we may control the entire bandpass filter bank 
with one simple parameter, and this one simple parameter reduces to the brightness of the timbre of 
and instrument that one would like to create. 
 
Figure 8 – Modal-LPF: I parameter ranging from 0.25 to 1.0. 
  
                                                          
7 When we use the term LPF, we are referring to a low-pass filter. Similarly, HPF refers to a high-pass filter. 
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3.3.2  Modal-HPF 
In a subtractive synthesizer, a high-pass filter is used to decrease the audible bass by reducing the 
magnitude of the lower frequencies of a waveform. We would like to create an equation that has the 
same effect as a high-pass filter but for modal synthesis. We can describe an equation for 𝐺𝐺(𝑘𝑘) that acts 
similarly to a high-pass filter in a subtractive synthesizer. We want the equation to have the relationship 
𝐺𝐺𝑛𝑛 ∝  𝜔𝜔𝑛𝑛. For an increasing partial number, we will have an increasing filter gain.  
The equation we use to reduce the magnitude of lower partials is 
𝐺𝐺(𝑘𝑘) = 1(𝑁𝑁 − 𝑘𝑘)𝐼𝐼 
where 0 ≤ 𝐼𝐼, and 0 ≤ 𝑘𝑘 ≤ 𝑁𝑁 − 1. As seen in Figure 9, this equation for bandpass filter gains at each 
harmonic 𝑘𝑘, acts very similarly to a high-pass filter acting on a bank of resonant bandpass filters. 
 
Figure 9 – Modal-HPF: I parameter ranging from 0.25 to 1.0.  
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3.4 SubMode Conclusion 
From the examples above, we have proven that we may create musically useful parameters to alter the 
timbre of a virtual instrument. By creating parameters that affect the entire bandpass filter bank, we can 
drastically alter the timbre of an instrument. By reducing our problem of altering an entire bandpass 
filter bank to a simple goal such as brightness, we are able to provide a user with a very simple yet 
powerful means of control. 
In the next chapter, we will analyze the EaganMatrix which has multiple parameters for altering the 
timbre of a virtual instrument.  
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4. EaganMatrix Resonant Drum 
The EaganMatrix is the synthesizer engine used in the Continuum Fingerboard. It uses a matrix to make 
connections between modules. As seen in Figure 10, the A formula is connected to both Noise and ▲ of 
BiqBank 1 where ▲ is audio input. This is interpreted as Noise being “sent” to audio input of the 
BiqBank via formula A. The BiqBank is of significance for modal synthesis. It is a bank of eight resonant 
bandpass filters. A module also available is the BiqMode which is a bank of 48 resonant bandpass filters. 
Thus, one may utilize the BiqBank or BiqMode in conjunction with the Noise generator to design modal 
synthesis algorithms.  
The formulas used in the EaganMatrix are rooted in four control parameters W, X, Y, and Z. These 
formulas are used because the Continuum Fingerboard is responsive in four dimensions W, X, Y and Z. 
We will use the analogy of an acoustic piano so that the reader may understand the significance of these 
control parameters.  
W tracks if a user is interacting with the Continuum Fingerboard in any of the following three 
dimensions; it is essentially a gate. X is the dimension associated with ascending pitch from left-to-right 
on an acoustic piano. Y is the forward-to-back dimension which can be imagined as the front-end or 
back-end of the top of a piano key. This dimension is unused for expressivity in a piano. Z is the up-to-
down dimension which dictates velocity of a piano key strike. Unlike the piano which has a one-time 
hammer press for each Z dimension interaction, the Z dimension is always being tracked in the 
Continuum. This allows the user to alter the current algorithm in the EaganMatrix continuously. While 
the piano analogy is helpful to understand the four dimensions of the Continuum Fingerboard, we ask 
the reader to keep in mind that the Continuum is very different from an acoustic piano. 
We will be discussing the Resonant Drum algorithm which was designed by Edmund Eagan. This 
algorithm demonstrates how a sound built from the bottom up can closely resemble an acoustic drum 
without modelling a specific acoustic drum. The Resonant Drum is a very simple modal synthesis 
algorithm which utilizes just three modules: HPF, BiqBank, and a shape generator. Although the 
algorithm is simple, it is capable of producing very complex sounds. 
4.1 Interaction Force 
The interaction force utilizes formulas A and D. A is used to route white noise to the BiqBank via the 
audio input section and D is used to specify the frequency of the shape generator.  
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4.1.1 Audio Input to the BiqBank  
 
Figure 10 – The A Formula used for routing wideband noise to BiqBank. 
We will now analyze the A formula to understand how Noise is being controlled while being sent to the 
audio input of the BiqBank. The formula for A uses the equation 𝐴𝐴 = (𝑊𝑊 ×  𝑋𝑋) + (𝑌𝑌 ×  𝑍𝑍). We will look 
at each dimension from left-to-right starting with W.  
The W dimension is using Shape Generator 1 as indicated by SG1. The shape generator is generating a 
pulse wave as indicated by the waveform to the bottom left of SG1. The amplitude of the pulse wave is 
1.00 as indicated by “1.00” located at the bottom of the circle. Shape Generator 1 generates only a 
single cycle of the pulse wave as indicated by the right facing arrow above the 1 in the Shape Generators 
section on the right. What we can extract from W is that an impulse of white noise is generated. 
The X dimension has the center point set to B9 which is the highest key of the Continuum Fingerboard. 
There is a decreasing slope of [0.12, 0.00] for all X interactions up to B9. This means that the pulse wave 
of W is multiplied by a decreasing number as the user presses farther to the right on the Continuum, so 
the amplitude is reduced when the user presses farther to the right on the Continuum Fingerboard.  
The Y dimension has a decreasing slope of [0.0010, 0.0000] from the front-end to the back-end of the 
Continuum Fingerboard. If the user plays the edge closer to himself or herself, there will be an 
amplitude gain. If the user plays the edge farther away from himself or herself, there will be no 
amplitude gain. 
The Z dimension remains at 0 for any Z interaction. This means the Z dimension does not have any effect 
on the A formula. Although the Z dimension is not present within the A formula, it is still affecting how 
Noise is being shaped. This is due to the unaltered Z dimension being multiplied by A in the vertical.  
4.1.2 Shape Generator 1 
The shape generator has two parameters: F and T. F determines the frequency of the shape generator 
and T determines when to trigger the shape generator. Shape Generator 1 uses formula D to calculate 
the frequency and the W dimension to determine the Trigger.  
20 
 
 
Figure 11 – The D formula used to determine the Frequency of Shape Generator 1. 
In Figure 11, we see that the D formula is generating a constant frequency of 33 𝐻𝐻𝐻𝐻. This is indicated by 
“Cons” meaning constant, × 100 meaning the value of W is in the range [0, 127], and the 33 below the 
circle means the value returned from the D formula is 33.  
We see in Figure 11 that the T parameter of the shape generator is receiving W. This indicates that 
anytime the user is interacting with the Continuum Fingerboard, the shape generator is activated. 
4.2 BiqBank — Bank of Bandpass Filters 
The BiqBank is a set of eight resonant bandpass filters. There is a set of six parameters that control the 
behavior of the bandpass filters. These parameters are located directly to the right of the ▲ symbol. F 
receives a frequency value in kHz; sF determines the spacing between the center frequencies of 
adjacent bandpass filters; B determines the bandwidth of all the resonant bandpass filters; sB 
determines the spread of the bandwidth of the resonant bandpass filters; C determines which bandpass 
filter should be regarded as the center bandpass filter; sA determines the spread of amplitude across 
the resonant bandpass filters. While it is uncommon, the BiqBank parameters may all use the same 
formula. In the case of the Resonant Drum, they are all unique.  
4.2.1 Frequency 
In this section, we will investigate the formulas affecting F and sF.  
F – Frequency 
Frequency F is controlled by formula I which can be seen in Figure 12. The X dimension is a linear curve 
from -1 to 1. Underneath the “X” which is located in the center of the box, we see “Q12”. This indicates 
that our pitch is quantized into increments of 12 semitones (octaves), so while interacting with the 
Continuum Fingerboard, one will only notice pitch changes in increments of octaves. The center point 
where X = 0 is the note C7 which is indicated by “C | 7”.  
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The Continuum tracks the finger position in the X dimension and converts it to frequency as indicated by 
“Oct ►  kHz”. The value that is generated for the X dimension is then multiplied by a constant value in W. 
In this case, W is acting as the slope of the X dimension. Because W = 0.046, it is reducing the span of 
frequencies that can be generated by the X dimension. 
 
Figure 12 – The I formula used to determine the Frequency of BiqBank. 
sF – Frequency Spread 
Frequency Spread sF is controlled by formula B which can be seen in Figure 13. The Y dimension is the 
only parameter used in sF for Resonant Drum. The Y dimension is partitioned into what appears as a set 
of steps. The lowest step is set to 0, the middle to 0.5, and the top to 1. This means that the frequency 
spacing while pressing on the front-end of the Continuum Fingerboard is 0, so all frequencies are 
situated at the center. While pressing at top, the frequencies are harmonically spaced at intervals set by 
F. While pressing in the middle, the frequencies are harmonically spaced at intervals equal to F/2. The Y 
dimension is essentially partitioned to allow the user the control the fundamental frequency of the 
drum. 
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Figure 13 – The B formula used to determine the Frequency Spread of BiqBank. 
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4.2.2 Bandwidth 
In this section, we will investigate the formulas affecting B and sB.  
B – Bandwidth 
Bandwidth B is controlled by formula C which can be seen in Figure 14. The bandwidth is of a resonant 
bandpass filter. When smaller values are passed to B, the resonance increases. For larger values, the 
resonance decreases. From this, we gather that resonance is inversely proportional to the bandwidth. 
We also see that they are two sides of the same coin—we cannot discuss resonance without implicitly 
discussing the bandwidth. Here, we will use the perspective of resonance instead of bandwidth. This is 
because we are modelling a system of resonances. The B formula utilizes all four dimensions given by 
the equation 𝐶𝐶 = 𝑊𝑊 + 𝑋𝑋 + 𝑌𝑌 + 𝑍𝑍. 
If we were to generate the maximum and minimum values for each dimension, B would receive 0.61 
and 0.40 respectively. This tells us that the range of bandwidth values one has access to while 
interacting with the Continuum is [0.40, 0.61]. 
We will now look at the dimensions to see how the bandwidth values are controlled by the user of the 
Continuum. The W dimension is set to a constant value of 0.13. If the user interacts with the Continuum 
at all, at least 0.13 will be sent to B. The X dimension has decreasing values until the center point C5, 
then increasing values from C5 upward. The Y dimension has decreasing values from front to back. The Z 
dimension has increasing values with increased pressure. What we gather from this is that our system is 
most resonant while interacting with the Continuum at C5, near the back of the key and with low 
pressure. The opposite is true for less resonance. 
 
Figure 14 – The C formula used to determine the Bandwidth of BiqBank. 
 
sB – Bandwidth Spread 
The bandwidth spread sB dictates how the individual bandwidths of the eight resonant bandpass filters 
are calculated. The bandwidth B can be viewed as the global bandwidth which provides the foundation 
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on which the individual bandwidths are built. When sB is equal to 0, all filters have the same bandwidth. 
For sB > 0, filters farther away from center have increased bandwidth. For sB < 0, filters farther away 
from center have decreased bandwidth. This means that for negative values, the filters with frequencies 
less than and greater than the center frequency resonate more than the filter at center frequency. For 
positive values, the filters farther away from center have less resonance. The bandwidth spread sB is 
controlled by formula F which can be seen in Figure 15.  
Formula F has equation 𝐹𝐹 = 𝑊𝑊 ×  (𝑋𝑋 + 𝑌𝑌 + 𝑍𝑍). The W dimension is fixed at 2.2. This acts as a 
multiplier for all inputs of X, Y, and Z. The X dimension is a constant value of 0. The Y dimension has 
increasing values from front to back. The Z dimension has decreasing values for increased pressure. All 
values generated by this formula are positive, so the filters farther away from the center will always 
have more bandwidth than the center.  
 
Figure 15 – The F formula used to determine the Bandwidth Spread of BiqBank. 
 
4.2.3 Center 
The center C dictates which bandpass filter should be treated as center. If C is equal to 0, then the first 
bandpass filter is center. If C is equal to 1, then the eighth bandpass filter is center. Because the values C 
accepts are floating point numbers between 0 and 1, the center can exist between two filters.  
Center C is controlled by formula H which can be seen in Figure 16. The W and X dimensions are unused 
in this formula. The Y dimension has increasing values from front to back. The Z dimension has 
increasing values when more pressure is applied. The minimum value of Z is 0.32, so we see that our 
center is never situated at the first bandpass filter. This causes the Resonant Drum to have its spectral 
energy concentrated on higher harmonics providing a sound with pronounced mid-range frequencies. 
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Figure 16 – The H formula used to determine the Center of BiqBank. 
4.2.4 Amplitude 
The amplitude sA determines amplitude for bandpass filters farther away from center. If sA = 0, all 
filters have equal amplitude. If sA > 0, filters farther away from center have reduced amplitude. In this 
case, sA does not have a formula, it is a fixed value of 0.14. This means that the bandpass filters farther 
away from center will be reduced by a small amount. 
4.3 Resonant Drum Conclusion 
Although there are only six controllable parameters for the BiqBank, we see that there are many sounds 
that can be created by “tweaking” the parameters of the four dimensions. This variety grants the 
musician and sound designer immense control over the sounds they create while using the Continuum 
and while designing the sound. It is important to note that because the Continuum is responsive in three 
dimensions and because these three dimensions are controlled in real-time, the musician finds 
himself/herself in a feedback loop that closely resembles the kind of feedback loop that exists when one 
plays an acoustic instrument such as violin or clarinet.   
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5. EaganMatrix Model String Wind 
Continuing our analysis of the modal synthesis engine in the EaganMatrix, we wish to introduce a patch 
which has a similar structure to the Resonant Drum but has a very different interaction force. The patch 
we analyze is the Model String Wind. The Resonant Drum is a percussive application of modal synthesis, 
but through analyzing the Model String Wind, we hope to show that modal synthesis is capable of much 
more than just percussion. The Model String Wind patch produces the sound of a wooden flute having 
some characteristics of stringed instruments. It attempts to morph a wind instrument with a stringed 
instrument, and it is found in the Morphing section of the EaganMatrix library.  
5.1 Interaction Force 
While the Resonant Drum is a canonical example of modal synthesis, the Model String Wind is not as 
simple. With the Resonant Drum, there is a well-defined interaction force (white noise) which acts on a 
bank of bandpass filters. This is the same structure that is presented in [1] and seen in Figure 1. In the 
Model String Wind, there is no impulse of white noise which enters a bank of bandpass filters. Given 
that modal synthesis is so commonly built from white noise interacting on a bank of bandpass filters, 
one may be tempted to assume that the interaction force for this patch is due to the Noise box in the 
upper left of Figure 17. This is not the case. If one removes Noise from the signal path, the sound 
continues to be generated without simulating the sound of a flute player breathing into the flute. From 
this, we can deduce that Noise is responsible for simulating the sound of one breathing into a wooden 
flute.  
In order to find where the impulse of energy exists in this system, we must turn our attention to the 
details of the Waveshaper. We will now turn our attention to the D formula of this patch as seen in 
Figure 18. 
 
Figure 17 – The Signal Path of Model String Wind.  
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Figure 18 – The D formula in Model String Wind used in generating the initial impulse of energy. 
The Waveshaper is identified as OSC 1. We see at the bottom left that there is a – sign in the Direct 
section. The – sign is operating on formula D and formula D is patched into the audio input of the 
Waveshaper as represented by the ▲ symbol. This means that formula D is getting subtracted from all 
other vertical formulas and constants. The constant 0.25 is added to all verticals, and the constant 2 is 
multiplied with all verticals. We now turn our attention to the specifics of the D formula. 
The D formula is using Shape Generator 1 (SG1) as a ramp-up wave as in indicated by the ramp-up wave 
beneath the text SG1. We see that SG1 is creating a single cycle of the ramp-up wave as indicated by the 
➞ in the shape generator section. The ramp-up wave has an amplitude of 0.25.  
There is a value of 0.25 being constantly added to the vertical, the initial value of D is 0.00, and all values 
are multiplied by 2, so the initial added value from Direct section will be 0.5. Once D reaches its final 
value of 0.25, this will be subtracted from the constant 0.25 resulting in total a value of 0.00 from the 
Direct section. This behavior can be viewed in Figure 19. 
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Figure 19 – The Impulse of Energy from Direct section in Model String Wind. 
 
The slope of this ramp-up wave is dependent on the frequency of SG1. The frequency of SG1 is defined 
by formula C which can be viewed in Figure 20. 
 
Figure 20 – The C formula used to calculate the Frequency for SG1. 
We see here that formula C ranges from -26 to 26. This is because there is a constant value of 26 
multiplied with the Z dimension which ranges from -1 to 1. When full pressure is applied to the 
Continuum, a frequency of 26 𝐻𝐻𝐻𝐻 is generated by SG1. The period of this wave is then 1
26
 𝐹𝐹. This is the 
period used for the waveform in Figure 19. 
The maximum value that can be used for audio input (without clipping) is 1. By adding 0.5, we are 
adding half of the full scale magnitude—this is actually a rather large impulse. What we have observed 
from this patch is that this large input is used as the impulse of energy which is then passed between the 
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BiqBank and the Waveshaper in a feedback loop. Because the energy is continually passed between the 
two, it never fades away. This enables the generation of a continuous tone. 
5.2 BiqBank — Bank of Bandpass Filters 
Now that we understand of how energy is created for this system, we can begin to look at the BiqBank 
for this patch.  
5.2.1 Audio Input 
Unlike the Resonant Drum, the Model String Wind receives audio input from a source other than Noise. 
The audio input is instead coming from the Waveshaper (OSC1) through formula E. We can view formula 
E in Figure 21. This formula is rather simple; we have a constant value of 0.90 multiplied by a linear 
curve in Z dimension from 0 to 1.00. This means that the user can increase or decrease the audio input 
from the Waveshaper by utilizing the Z dimension of the Continuum. 
 
Figure 21 – The E formula used to control the magnitude of the Waveshaper input to the BiqBank. 
The audio input to the BiqBank is then multiplied by a constant 0.13 as seen by the “13” in the × row of 
the Direct section. 
5.2.2 Frequency 
In this section, we analyze the F and sF parameters of the BiqBank. 
F – Frequency 
As seen in Figure 21, The frequency of the BiqBank is determined only by the X dimension of the 
Continuum. This means that the frequency of the BiqBank is in perfect alignment with the frequencies 
produced by the Continuum. Essentially, this patch will play notes like a piano if the user is playing the 
pitches of each note on the Continuum perfectly. 
sF – Frequency Spread 
As seen in Figure 21, The frequency spread is a constant value of 1. This means that the center 
frequency of the filters are always perfectly harmonic with the first filter’s center frequency. 
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Frequency in Model String Wind versus Resonant Drum 
Note that the frequency section of the Model String Wind is much simpler than the Resonant Drum. This 
is because the Model String Wind patch is intended be perfectly harmonic and have pitch tracking in 
alignment with the piano-style notes marked on the Continuum. In the Resonant Drum, the frequency 
section was more interesting for pitching a percussion instrument. 
5.2.3 Bandwidth 
In this section, we analyze the B and sB parameters of the BiqBank. 
B – Bandwidth 
The bandwidth is controlled by the formula F in conjunction with a constant value of 1 and the W 
dimension of the Continuum. 
We break the Bandwidth section into two parts: the W dimension and the F formula. 
In Figure 22, we see that there is a constant value of 1 always added to the verticals of B. We also see 
that dimension W is always subtracted from the verticals of B. When a user is interacting with the 
Continuum, W is 1. Otherwise, W is 0. This means that when a user is interacting with the Continuum, 
we use formula F to determine the value for B, but when the user is not interacting with the Continuum, 
there is a constant value of 1 for B. A value of 1 for B means that the bandwidth of the filters is at 
maximum. 
We can now begin to analyze the bandwidth of the filters when the user is interacting with the 
Continuum. This is determined by formula F which is seen in Figure 22. 
The X dimension is centered at C5 on the Continuum. Every pitch less than C5 does not affect the 
bandwidth. For values larger than C5, the bandwidth increases. 
The Y dimension causes a linear increase in bandwidth as the user moves their finger farther away from 
themselves in the Y direction. 
The Z dimension causes a decrease in bandwidth as more pressure is applied. 
This allows the user to have a small amount of control of the bandwidth of all the filters. 
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Figure 22 – The F formula used for the Bandwidth parameter of the BiqBank. 
sB – Bandwidth Spread 
The bandwidth spread sB is controlled solely by the H formula which can be viewed in Figure 23. 
This formula is quite simple. There is a constant value of 8.0 added to values from the Z dimension 
ranging from 2.0 for low pressure to 0 for high pressure. 
 
Figure 23 – The H formula used for the Bandwidth Spread parameter of the BiqBank. 
5.2.4 Center 
The center is the parameter of the BiqBank which gives the patch its most distinctive characteristic. If 
one moves a finger up the Y dimension of the Continuum, one moves through the overtones of the 
fundamental frequency. This familiar sound can be heard in old western movies. This patch does a 
fantastic job of recreating that familiar sound, and it all happens in the center parameter of the BiqBank. 
The center is determined solely by the I formula which can be seen in Figure 24. 
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Figure 24 – The I formula used for the Center parameter of the BiqBank. 
The formula is quite simple. The increasing values of the Y dimension cause the center to move to higher 
bandpass filters as the user moves a finger up the Y dimension. This creates the audible effect of moving 
through the overtones. The sF parameter is 1, so each bandpass filter is a harmonic. When the center 
frequency moves to a higher filter, it is moving to a higher harmonic. Because “overtone” is synonymous 
with “harmonic”, the center filter must be an overtone. 
5.2.5 Amplitude Spread 
In this section, we discuss the amplitude spread sA. 
The sA parameter does not have a formula. It is a constant value of 0.10. This means that the bandpass 
filters farther away from center will be reduced by a small amount. 
5.3 Model String Wind Conclusion 
What we may gather from the analysis above is that modal synthesis can be used to create the timbre of 
wind/string instrument from the bottom up. Like the Resonant Drum, the Model String Wind is not an 
attempt to model any specific wind/string instrument. It was built from the bottom up and it is a great 
example of how modal synthesis can be used to create new timbres that would not exist otherwise. As 
we mentioned in the Resonant Drum section and as is more pronounced due to the continuous tone 
generated by Model String wind, the musician finds himself/herself in a feedback loop that closely 
resembles the kind of feedback loop that exists when one plays a wind or string instrument. The user is 
free to adjust the sound at every moment with small movements of the finger. 
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6. Conclusion and Future Work 
In this paper we have demonstrated how modal synthesis can be used with real-time control as a form 
of physical modelling synthesis in music. In Chapter 1, we introduced the reader to the topic of modal 
synthesis and provided the analogy of subtractive synthesis. Specifically, we noted the level of control 
available in subtractive synthesis theory, and we alluded to how this same theory of control can be used 
in modal synthesis. In Chapter 2, we reviewed literature relevant to modal synthesis. In Chapter 3, we 
introduced SubMode, a theoretical control-based modal synthesizer inspired by subtractive synthesis. In 
Chapters 4 and 5, we introduced the EaganMatrix by reviewing the Resonant Drum (Chapter 4) and 
Model String Wind (Chapter 5). 
We hope the reader departs from this paper with a basic understanding modal synthesis theory, and 
more importantly, we hope the reader understands how powerful it is. We now outline some future 
work that may be beneficial to the theory of modal synthesis. 
The Model String Wind patch discussed in Chapter 5 utilizes a feedback loop between a Waveshaper and 
a bank of bandpass filters. This feedback loop is crucial for creating a woodwind timbre. While this is not 
the same as our generic model of white noise entering a bank of bandpass filters, it proves to be quite 
powerful. Further research into the interaction between the Waveshaper and the bank of bandpass 
filters, will benefit our understanding of modal synthesis. 
In addition to the feedback loop between the Waveshaper and the bank of bandpass filters, modal 
synthesis will benefit from the exploration of more types of interaction forces. If more interaction forces 
were hypothesized that were simple and controllable, it would allow us to discover more timbres for use 
in control-based modal synthesis.  
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